Abstract-In the recent year the trend towards automated analysis of pathological noise signal has gain momentum.
I. INTRODUCTION
A computerized technique for pathological voice recognition has received a greater attention from researchers in the last decade. Speech processing has proved to be excellent tool for speech disorder detection [1] . Pathological voice signal of patient from Dr. Naresh Agrawal Hospital, ENT Surgeon & Government Medical College & Hospital, Nagpur has been taken. The signals are recorded keeping mic two inch away from mouth using voice recorder of window XP. The sampling frequency is chosen to 11025 samples /sec. The patient has pronounced, 'a' which is vowel, then 'ah' which is vowel with consonant and a word 'Hello' for two sec, these signals are noisy & noise needs to be removed. So filters are designed. The signal is passed through filter & then framing & windowing is done. The output of window is called prepossessed output, which can be used for further application like diagnosis of disease, speaker recognition, & speech recognition. Physicians often use invasive techniques like endoscopy to diagnose symptoms of vocal fold disorders however it is possible to diagnose disease using certain feature of speech signal [1] . Speech signal is sinusoidal signal having different frequency, different amplitude & different phase. It is given by the expression given below [2] . Voice & speech production requires close cooperation of numerous organs which from the phonetic point of view may be divided into organ.
 Lungs, Bronchi, Tracheas (producing expiration air steam necessary for phonation)  Larynx (amplifying the initial tone)  Root of the tongue, throat, nasal cavity, oral cavity (forming tone quality & speech sound) [3] . Speech signal in non-intrusive in nature & it has potential for providing quantitative data with reasonable analysis time. So study of speech signal of pathological voice has become an important topic for research as it reduces work load in diagnoses of pathological voices [4] .
II. BLOCK DIAGRAM
The figure below shows block diagram of preprocessing of speech signal. The above three blocks are must for better preprocessing which will give noise free, framed & windowed signal. Moving average filter removes the low frequency noise signal and high frequency noise is removed by pre-emphasis filter. 
III. FILTER DESIGN
The noisy speech signal is passed through filters like moving average filter, high pass filter, which is also called as pre-emphasis filter. The moving average filter takes average of samples for filtering the noise from signal. The expression for output of such filter is given below [5] .
where, X(n) is the input speech sample. 
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This FIR filters shown by magnitude & phase plots in Fig. 3, Fig. 4, Fig. 5 & Fig. 6 are more stable.
IV. HIGH PASS FILTER
Pre-emphasis filter, which is a high pass filter is used to flatten speech signal spectrum & to make the speech signal less sensitive to finite precision effects later in speech signal processing [6] .
Here we have used single coefficient FIR filter. The system function H(z) of filter is The time domain representation of filter will be Y(n) X(n) λX(n 1)
Where,  is the filter coefficient and the value of preemphasis coefficient is λ ε(0.9 -1.0) with λ = 0.9375, best optimum result of filtering is received [7] . The preemphasis filter serves to offset this natural slope before spectral analysis, thereby improving the efficiency of the analysis secondly the hearing is more sensitive above 1 KHz region of spectrum. The pre-emphasis filter amplifies the area of spectrum. Thus improving the efficiency of spectral analysis [8] .
V. FRAMING & WINDOWING
Human speech signal is slowly varying over time (quassi stationary) that is when the signal is examined over a short period of time (5 msec to 100 msec). The signal is fairly stationary.
Therefore speech signals are often analyzed in short time segment which are referred as short term spectral analysis. This practically means the signal is blocked in frames of typically 20-30 msec. Adjacent frames typically overlap each other with 30% to 50 %. This is done in order not to lose any information due to the windowing. Also Human speech signal is slowly time varying & can be treated as stationary process when considered under a short time frame. Therefore, the speech signal is usually separated into small duration blocks called frames. The neighbourhood blocks are overlapped by 1/2 to 2/3 length of the frame & frame shift is frame length minus the frame overlap. The commonly used frame length & frame shifts are 20 to 30 msec & 10 msec respectively. After the signal has been framed each frame is multiplied by window function W(n) with length N. The frame has N= 256 samples & adjacent frame separated by M=128 samples. Where N is the length of the frame. Typically hamming window W(n) is used & given by W(n) 0.5 0.46cos(2πn / N 1)
Where, N is total number of samples. The windowing is done to avoid problems due to truncation of signal as window helps in smoothing of signal [9] . fig. 7) shows that, signals are perfectly filtered using both ma and pre-emphasis filter. The output of ma filter needs to be scaled to get amplified output. From the table it is clear that this system can be used for any speech preprocessing applications. Filtered signal is framed and passed through window.
